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Mapped Value = Diff Exp + 2

DiffExp = Mapped Value - 2

In the DIS mode, the above mapping is applied to each individual differential exponent for coding into the bit
stream. In the D25 mode, each pair ofdifferential exponents is represented by a single mapped value in the
bitstream. In this mode the second differential exponent of each pair is implied as a delta of 0 from the first element
of the pair as indicated by the following table:

diffexon diffexon+l maDDed value
+2 0 4
+1 0 3
0 0 2
-1 0 1
-2 0 0

The 045 mode is similar to the D25 mode except that quads of differential exponents me rqxesented by a single
mapped value, as indicated by the following table:

diffexon diffexon+l diffexnn+2 diffexoD+3 value
+2 0 0 0 4
+1 0 0 0 3
0 0 0 0 2
-1 0 0 0 1
-2 0 0 0 0

Since a single exponent is effectively shared by 2 or 4 different mantissas, encoders mUl5teDSUIe lhat the exponent
chosen for the pair or quad is the minimum absolute value (corresponding to the largest~) needed to represent
all the mantissas.

For all modes, sets of three adjacent (in frequency) mapped values (Ml,M2 and Ml)1Ie~together and coded as
a 7 bit value according to the following formula:

Coded 7 bit Grouped Value =(25 x Ml) + (5 x M2) + M3

The exponent field for a given channel in an AC-3 audio block consists ofa number f1I tftest......,.ed values,
preceded by a single absolute exponent

3.3. Exponent Decoding

The exponent strategy for each coupled and independent channel is included in a set of2 bit liditI!r*signated
chexpstr[n]. When the coupling channel is present a cplexpstr field is also included. 1besc tmkiS. Be decoded as
follows:

chexpstr[n]. cplexpstr
00
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DIS
D2S
D4S

When the low frequency effects channel is enabled the lfeexpstr field is present It is decoded as follows:

lfeexDStr exoonent stratellV
0 reuse Drior exoonents
I D15

Following the exponent strategy fields is a set ofchannel bandwidth codes, chbwcod[n]. These are only present for
independent channels (channels not in coupling) that have new exponents in the current block. The channel
bandwidth code dermes the end mantissa bin number for that channel according to the following:

endmant[n] =«chbwcod[n] + 12) * 3) + 37 (n=independentchanne1)

For coupled channels the end mantissa bin number is dermed by the starting bin number of the coupling channel:

endmant[n] =cplstrtmant (n=coup1ed channel)

where cplstrtmant is as derived below. By definition the starting mantissa bin number for independent and coupled
channels is O.

strtmant[n] =0

For the coupling channel, the frequency bandwidth information is derived from the fields cplbegf and cplendf found in
the coupling strategy information. The coupling channel starting and ending mantissa bins are dermed as:

cplstrtmant =(cplbegf * 12) + 37

cplendmant =«cplendf + 3) * 12) + 37

The low frequency effects channel, when present, always starts in bin 0 and always has the same number of
mantissas: .

lfestrtmant =0

lfeendmant=7

The second set of fields contains coded exponents for all cbannek indicaIIcd to have new exponents in the current
block. These fields are designated as exps[n][i] for independentand coupled channels, cplexps[i] for the coupling
channel, and lfeexps[i] for the low frequency effects channel. The filStelcmentof each exps field (exps[n][O]) and the
lfeexps field (lfeexps[O]) is always a 4 bit absolute number. Foe Ibese clBmds the absolute exponent always
contains the exponent value of the rrrst transform coefficient (biD 110). 11Ile absolute exponent for the coupled
channel, cplabsexp, is only used as a reference to begin decodiDg Ibe differenlial exponents for the coupling channel
(i.e. it does not represent an actual exponent). The cplabsexp is (X""aiped in the audio block as a 4 bit value,
however it corresponds to a 5 bit value. The LSB of the coupled dgw:1 iDiIiaJ exponent is always 0, so the decoder
must take the 4 bit value which was sent, and double it (left shift by I) ill order to obcain the 5 bit starting value.
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For each coded exponent set the number ofgrouped exponents (not including the fIrst absolute exponent) to decode
from the bit stream is derived as follows:

For independent and coupled channels:

nchgIps[i] = truncate «endmant[i] - 1) /3) for 015 mode

= truncate «endmant[i] + 2) /6) for 025 mode

= truncate «endmant[i] + 5) /12) for 045 mode

For the coupling channel:

ncplgrps = (cplendmant - cplstrtmant) /3 for 015 mode

= (cplendmant - cplstrtmant) /6 for 025 mode

= (cplendmant • cplstrtmant) /12 for 045 mode

For the low frequency effects channel:

nlfegrps =2

Decoding a set of coded grouped exponents will create a set of 5 bit absolute exponents. The exponents are decoded
as follows:

- Each 7 bit grouping of mapped values (gexp) is decoded using the inverse of the encoding procedure:

M1 = truncate (gexp /25)

M2 = truncate «gexp % 25) / 5)

M3 = (gexp % 25) % 5

• Each mapped value is converted to a differential exponent (dexp) by subtracting the JlUlllPing offset:

dexp=M-2

- The set ofdifferential exponents if converted to absolute exponents by adding each dif:fen:Dlial exponent to
the absolute exponent of the previous frequency bin:

exp[n] = exp[n-l] + dexp[n]

- For the 025 and 045 modes each absolute exponent is copied to the remaining meIaIlers ollbe pair or quad.

The above procedure can be summarized as follows:

for (i = 0; i < ngrps; i++) 1* unpack the mapped values */
{

expacc = gexp[i]
dexp[i * 3] = truncate (expacc /25)
expacc = expacc - ( 25 * dexp[i * 3])
dexp[(i * 3) + 1] = truncate ( expacc /5)
expacc = expacc - (5 * dexp[(i'" 3) + 1])
dexp[(i ... 3) + 2] = expacc
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dexp[i] =dexp[i] - 2

exp[(i * grpsize) + j +1] =aexp[i];

)
for (i = 0; i < (ngrps * 3); i++)
{

)
prevexp =absexp
for (i =0; i < (ngrps * 3); i++)
{

aexp[i] = prevexp +dexp[i]
prevexp =aexp[i]

)
exp[O] =absexp
for (i =0; i < (ngrps * 3); i++)
{

for (j =0; j < grpsize; j++)
{

)
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/* unbiased mapped values *1

/* convert from differential to absolute */

1* expand to full absolute exponent array *1

where,

ngrps =number of grouped exponents (nchgrps[n], ncplgrps, or nlfegrps)
gsize =group size =I for DI5

=2 forD25
=4 forD45

absexp =absolute exponent (exps[n][O], (cplabsexp«I), or Ifeexps[O])

For the coupling channel the above output array, exp[n], should be offset to correspond to the coupling start
mantissa bin:

cplexp[i + cplstrtmant] =exp[i + I]

For the remaining channels exp[n] will correspond directly to the absolute exponent array for that channel.

4. BIT ALLOCATION

4.1. Overview

The bit allocation routine analyzes the spectral envelope of the audio signal being coded with respect to masking
effects to detennine the number of bits to assign to each transform coefficieDl mantissa. In the encoder, the bit
allocation is perfonned globally on the ensemble of channels as an emily. fiun a common bit pool. There are no
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preassigned exponent or mantissa bits, allowing the routine to flexibly allocate bits across channels, frequencies, and
audio blocks in accordance with signal demand

The bit allocation contains a parametric model of human hearing for estimating a noise level threshold, expressed as
a function of frequency, which separates audJble from inaudible spectral components. Various parameters of the
hearing model can be adjusted by the encoder depending upon signal characteristics. For example, a prototype
masking curve is defmed in tenns of two piecewise continuous line segments, each with its own slope and y-axis
intercept One of several possible slopes and intercepts is selected by the encoder for each line segment The encoder
iterates on one or more such parameters until an optimal result is obtained. When all parameters used to estimate
the noise level threshold have been selected by the encoder, the fmal bit allocation is computed. The model
parameters are conveyed to the decoder with side information, which then executes the routine in a single pass.

The estimated noise level threshold is computed over 50 bands of non uniform bandwidth (an approximate 1/6 octave
scale). The banding structure, defined by tables in the next section, is independent of sampling frequency. The
required bit allocation for each mantissa is established by performing a table lookup based upon the difference
between the input signal power spectral density (PSD), evaluated on a fme-grain uniform fJequency scale, and the
estimated noise level threshold, evaluated on the coarse-grain (banded) frequency scale. Therefme. the bit allocation
result for a particular channel has spectral granularity corresponding to the exponent SInIIeBY employed. More
specifically, a separate bit allocation will be computed for each mantissa within a DIS exponent set, each pair of
mantissas within a D25 exponent set, and each quadruple of mantissas within a 045 exponent set

The bit allocation must be computed in the decoder whenever the exponent strategy (cbexpstt. cplexpstr,lfeexpstr)
for one or more channels is not reused, or whenever baie, snroffste, or deltabaie =1. Accordingly, the bit allocation
can be updated at a rate ranging from once per audio block to once per 6 audio blocks, -.eluding the integral steps in
between. A complete set of new bit allocation information is always ttansmitted in audio block O.

Since the parametric bit allocation routine must generate identical results in all encodeF an4 decoder implementations,
each step is defmed exactly in tenns of fixed-point integer operations and table lookups. 'Ibroughoul the discussion
below, signed two's complement arithmetic is employed. All additions are performed with a -:cumulator of 14 or
more bits.

4.2. Parametric Bit Allocation

This section describes the seven-step procedure for computing the output of the~ lIiIlIDoaIion routine in
the decoder. The approach outlined here starts with a single uncoupled or coupled ex,,-ol._processes all the
input data for each step prior to continuing to the next one. This teclmique, called~ C1Crt•••', is conceptually
straightforward to descnbe and implement Alternatively, the seven steps can beex~ lilillliid-,Dy, in which case
multiple passes through all seven steps are made for separate subsets of the input expaentsa
The choice of vertical vs. horizontal execution depends upon the relative importaIICCaI~ IiIIIle "¥S. memory
usage in the final implementation. Vertical execution of the algorithm is usually ra.r chm lD'IIltfIaad looping and
context save overhead. However, horizontal execution requires less RAM to store die~ am&JS generated in
each step. Hybrid horizontal/vertical implementation approaches are also possible wflidl combine- tile benefits of
both techniques.
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4.2.1. Initialization

Compute start/end frequencies for the channel being decoded. These are computed from parameters in the bitstream
as follows:

endmant = 37 + (3 x (chbwcod + 12)) for DIS, 025,045 if exponents not coupled
= 37 + (12 x cplbegt) ifexponents coupled

cplstrtmant = 37 + (12 x cplbegt)
cplendmant = 37 + (12 x (cplendf+ 3))

The strtmant,lfestartrnant, and lfeendmant parameters are known a priori to be 0, 0, and 7, respectively.

Compute fdecay, sdecay, fgain, sgain, and dbknee from parameters in the bitstrearn as follows:

fdecay = fastdec[fdcycod]
sdecay =slowdec(sdcycod]
sgain = slowgain[sgaincod]
dbknee =dbpbtab[dbpbcod]

Initialize as follows for main-channel uncoupled exponents:

start = strtmant
end = endmant
lowcomp=O
fgain = fastgain[fgaincod]
snroffset = «csnroffst - 15) « 2 + fsnroffst) « 3

Initialize as follows for coupled exponents:

start = cplstrtmant
end = cplendmant
fgain = fastgain[cplfgaincod]
snroffset = «csnroffst - 15) « 2 + cplfsnroffst) « 3
if (cplleake)
{

fastleak = (cplfleak« 8) +512
slowleak = (cplsleak« 8) + 512

Initialize as follows for low frequency channel exponents:

start = lfestrtmant
end = lfeendmant
10wcomp=O
fgain = fastgain[lfefgaincod]
snroffset = «csnroffst - 15) «2 + lfefsnroffst) « 3
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psd[i] =(3072 - (locexps[i) « 7))
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The tables for fastdecD and slowdecD are shown in Tables 4.1ab. The tables for fastgainD and slowgainO are shown
in Tables 4.2ab. The table for dbpbtabD is shown in Table 4.3.

4.2.2. Exponent Mapping into PSD

This step maps the channel exponents into a 13-bit signed log power-spectral density function.

for (i =start; i < end; i++)
{

}

Since locexps[k) assumes integral values ranging from 0 to 24, the dynamic range of the psd(] values is from 0 (for
the lowest-level signal) to 3072 for the highest-level signal. The resulting function is represented on a fme-grain,
linear frequency scale.

4.2.3. PSD Integration

This step of the algorithm integrates fine-grain PSD values within each of a multiplicity of IJ&,b octave bands. The
band structure is described in Tables 4.4 and 4.5. Table 4.4 contains the array values fc. bndfahlJ and bndszO, each
of length 50 words. The bndtabD array gives the first mantissa number in each band. Tbe bndsz[) array provides the
width in mantissas of each band. Table 4.5 contains the array values for masJaabO. of Imgdt 256, providing the
mapping from mantissa numbers into the associated 1/6 octave band number.

Note that Tables 4.4 and 4.5 contain redundant information, all of which need not be stm:d iD aD actual
implementation. They are shown here for simplicity of presentation only.

The integration of PSD values in each band is performed with log-addition. The log-adJditici- is illlplemented by
computing the difference between the two operands and using the absolute difference~., 2 asan address into a
length 256 lookup table, latabD, shown in Table 4.6.

j =start
k =masktab[start]
00
(

bndpsd[k] =psdfj]
j++
for (i =j; i < min(bndtab[k+1], end); i++)
(

bndpsd[k) =logadd(bndpsd[k], psd(Jl)
j++

)
k++

)
while (end> bndtab[k++])
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return(b + latab(address»

return(a + latab(address»
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logadd(a. b)
(

c=a-b
address = max«abs(c»> 1),255)
if(c >= 0)
(

)
else
(

)

4.2.4. Compute Excitation Function

The excitation function is computed by applying the prototype masking curve selected by the encoder (and
transmitted to the decoder) to the integrated PSD spectrum (bndpsdO). The result of this computation is then offset
downward in amplitude by the fgain and sgain parameters, which are also obtained from the
bitstream.

bndstrt = masktab[start]
bndend= masktab[end-I] + 1
if (bndstrt = 0) /* For channel which is not coupled .../
( /* Note: Do not call calc_IowcompO for the last band of the lfe channel, (i = 6)..../

lowcomp = calc_Iowcomp(lowcomp, bndpsd[O], bndpsd[l], 0)
excite[O] = bndpsd[O] - fastgain -lowcomp
lowcomp = calc_Iowcomp(lowcomp, bndpsd[I], bndpsd[2], I)
excite[l] = bndpsd[l] -fastgain -lowcomp
begin = 7
for (i = 2; i < 7; i++)
(

lowcomp = calc_Iowcomp(lowcomp, bndpsd[i], bndpsd[i+I], i)
fastleak = bndpsd[i] -fastgain
slowleak = bndpsd[i] -slowgain
excite[i] =max(fasdeak -lowcomp, slowleak)
if (bndpsd[i] <= bndpsd[i+1])
(

begin = i + 1
break

)
for (i = begin; i < min(bndend, 22); i++)
(

lowcomp =calc_Iowcomp(lowcomp, bndpsd[i], bodpsdfi+-l). i)
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begin =bndstrt

a = max(O. a - 128)

a =min(384. a + 128)

a =max(O. a - 128)
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fastleak -= fastdec
fastleak =max(fastleak. bndpsd[i] - fastgain)
slowleak -= slowdec
slowleak =max(slowleak. bndpsd[i] - slowgain)
excite[i] =max(fastleak -Iowcomp. siowleak)

}
begin =22

}
else /* For channel which is coupled */
{

}
for (i =begin; i < bndend; i++)
(

fast1eak -= fastdec
fastleak =max(fastleak. bndpsd[i] - fastgain)
slowleak -= slowdec
siowleak = max(slowleak. bndpsd[i] -slowgain)
excite[i] =max(fastleak. slowleak)

}
calc_Iowcomp(a, bOo bl. bndnum)
(

if (bndnwn < 20)
{

if (bO + 256 = bl)
{

}
else if (bO > bl)
{

}
}
else
{

}
return(a)

4.2.5. Compute Masking Curve

This step computes the masking (noise level threshold) curve from the excitation fuIx:bIIDl.,u"'l!elow. The
hearing threshold table is shown in Table 4.7. The fscod and dbpbcod variables are receWecllt¥'lkdi:lroder in the
bitstream.

Dolby Laboratories Infonnalion page 36



excite[i] += «dbknee - bndpsd[i])>> 2)

delta = (deltba[i] -4)« 7

delta = (deltba[i] - 3)« 7
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dbknee = dbpbtab[dbpbcod]
for (i = bndstrt; i < bndend; i++)
{

if (bndpsd[i] <dbknee)
{

}
mask[i] = max(excite[i], hth[fscod][i])

4.2.6. Apply Delta Bit Allocation

The optional delta bit allocation infonnation in the bitstream provides a means for the encoder to transmit side
infonnation to the decoder which directly increases or decreases the masking curve obtained by the parametric routine.
Delta bit allocation can be enabled by the encoder for audio blocks which derive an improvement in audio quality
when the "default" bit allocation is appropriately modified. The delta bit allocation option is available for each full
bandwidth channel and the coupled channel.

Modifications to the decoder bit allocation are transmitted as side infonnation. The modifications occur in the fonn
of adjustments to the default masking curve computed in the decoder. Adjustments can be made in multiples of ±6
dB. On the average, a masking curve adjustment of-6 dB corresponds to an increase of 1 bit of resolution for all the
mantissas in the affected 1/6th octave band.

if «deltbae = 0) \I (deltbae = 1»
{

band = 0
for (i = 0; i < deltnseg; i++)
{

band += deltoffst[i]
if (deltba[i] >= 4)
{

}
else
{

}
for (k = 0; k < deltlen[i]; k++)
{

mask[band] += delta
band++
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mask:[j] =0
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4.2.7. Compute Bit Allocation

The bit allocation pointer array (bapO) is computed in this step. The masking curve, adjusted by snroffset in an
earlier step and then truncated, is subtracted from the fme-grain psd[] array. The difference is right-shifted by 5 bits,
thresholded, and then used as an address into baptabD to obtain the fmal allocation. The baptabD array is shown in
Table 4.8. .

The sum of all channel mantissa allocations in one frame is constrained by the encoder to be less than or equal to the
total number of mantissa bits available for that frame. The encoder accomplishes this by iterating on the values of
csnroffst and fsnroffst (or cplfsnroffst or lfefsnroffst for coupled and low frequency effects channels) to obtain an
appropriate result Hence, in the absence of channel errors, the decoder is guaranteed to receive a mantissa allocation
which meets the constraints of a fixed transmission bit-rate.

At the end of this step, the bapD array contains a series of 4-bit pointers. The pointers indicate how many bits are
assigned to each mantissa. The correspondence between bap pointer value and quantization accuracy is presented in
Table 4.9.

i = start
j =bndtab(start]
floor = floortab[flooreod]
d>
{

mask[j] -= snroffset
mask[j] -= floor
if (mask[j] < 0)
{

}
maskfj] &= OxlfeO
for (k = i; k < min(bndtab[j], end); k++)
{

address =(Psd[i] - maskfj]) » 5
address =min(63, max(O, address»
bap[i] =babtab[address]
i++

}
while (end> bndtab[j++])

4.3. Bit Allocation Tables

Table 4.1a Fast decay table (fastdec[])
--OOdress~--~----::fast~dec----'

o Ox3f
I OxS3
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Table 4.1b Slow decay table (slowdec[])

Dolby AC-3 Algorithm Description REV 1.11

Ox67
Ox7b

~ slowdec
0 OxOf
1 OxII
2 Ox13
3 OxI5

Table 4.2a Fast gain table (rastgain[])

aIdress fasl2ain
0 Ox080
1 OxlOO
2 Ox180
3 Ox200
4 Ox28O
5 Ox300
6 Ox380
7 Ox400

Table 4.2b Slow gain table (slowgain[])

~ slowsr.Un
0 Ox540
1 0x4d8
2 Ox478
3 Ox410

Table 4.3 Knee of db/bit characteristic curve (dbpbtab[])

00dress
0 OxOOO
I Ox700
2 0x900
3 OxbOO

Table 4.4 Masking array noor value table (noortablD
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0 0x200
1 01:180
2 01:100
3 OXOSO

Table 4.5 First mantissa and band widtb of eacb 1/6tb octave band, as a function of band
number

(bndtab[] and bndsz[], respectively)

band # bndtab bndsz
0 0 1
1 1 1
2 2 1
3 3 1
4 4 1
5 5 1
6 6 1
7 7 1
8 8 1
9 9 1

10 10 1
11 11 1
12 12 1
13 13 1
14 14 1
15 15 1
16 16 1
17 17 1
18 18 1
19 19 1
20 20 1
21 21 1
22 22 1
23 23 1
24 24 1

band # bndtab bndsz
25 25 1
26 26 1
27 27 1
28 28 3
29 31 3
30 34 3
31 37 3
32 40 3
33 43 3
34 46 3
35 49 6
36 55 6
37 61 6
38 67 6
39 73 6
40 79 6
41 8S liZ
42 fJ7 liZ
43 109 liZ
44 121 liZ
45 133 : 2.:t.
46 1S7 2!*
47 181 24
48 20S 2!4:
49 229 I 2!*-

Table 4.6 1/6tb octave band number as a function of exponent ..... (maskm6>llD

Tbe address is (10 x A) + B
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A=1 10 11 12 13 14 15 16 17 18 19
A=2 20 21 22 23 24 25 26 27 28 28
A=3 28 29 29 29 30 30 30 31 31 31
A=4 32 32 32 33 33 33 34 34 34 35
A=5 35 35 35 35 35 36 36 36 36 36
A=6 36 37 37 37 37 37 37 38 38 38
A=7 38 38 38 39 39 39 39 39 39 40
A=8 40 40 40 40 40 41 41 41 41 41
A:!} 41 41 41 41 41 41 41 42 42 42

A=10 42 42 42 42 42 42 42 42 42 43
A=11 43 43 43 43 43 43 43 43 43 43
A=12 43 44 44 44 44 44 44 44 44 44
A=13 44 44 44 45 45 45 45 45 45 45
A=14 45 45 45 45 45 45 45 45 45 45
A=15 45 45 45 45 45 45 45 46 46 46
A=16 46 46 46 46 46 46 46 46 46 46
A=17 46 46 46 46 46 46 46 46 46 46
A=18 46 47 47 47 47 47 47 47 47 47
A=19 47 47 47 47 47 47 47 47 47 47
A=20 47 47 47 47 47 48 48 48 48 48
A=21 48 48 48 48 48 48 48 48 48 48
A=22 48 48 48 48 48 48 48 48 48 49
A=23 49 49 49 49 49 49 49 49 49 49
A=24 49 49 49 49 49 49 49 49 49 49
A=25 49 49 49 0 0 0

Table 4.7 Log-addition table Oatab[]} The address ~ (10 x A) + B

B=O B=1 B=2 B=3 B=4 B=5 B=6 B=7 B=8 B=9
A;:IJ Ox0040 OxOO3f OxOO3e 0x003d OXOO3C OxOO3b 0x003a OXOO39 OXOO38 OXOO37
A=1 OXOO36 OXOO35 OXOO34 OXOO34 OXOO33 Ox0032 Ox0031 OXOO30 OXOO2f OxOO2f
A=2 OxOO2e 0x002d 0x002c OxOO2c OxOO2b OxOO2a OxOO29 OxOO29 Ox0028 OXOO27
A=3 Ox0026 OxOO26 OxOO2S OxOO24 OxOO24 OxOO23 Ox0023 OxOO22 Ox0021 OxOO21
A=4 Ox0020 Ox0020 OxOOlf OxOOle OxOOle OxOOld OxOOld OxOOlc OxOOlc OxOOlb
A=5 OxOOlb OxOOla OxOOla OxOO19 OXOO19 OXOO18 OXOO18 OXOO17 OXOO17 OXOO16
A=6 OxOO16 OXOO15 OXOO15 OXOO15 OXOO14 OXOO14 OXOO13 OXOO13 OXOO13 OXOO12
A=7 OXOO12 OXOO12 OxOOll OxOOll OxOOll OxOOl0 OxOOl0 OxOOl0 OxOOOf OxOOOf
A=8 OxOOOf OxOOOe 0x000e OxOOOe OxOOOd Ox<md OxOOOd Ox<XXXI OXOOOC OXOOOC
A=9 OXOOOC OxOOOc OxOOOb OxOOOb OxOOOb OxOOOb OxOOOa OxOOOa 0x000a OxOOOa

A=10 OxOOOa OxOOO9 OxOOO9 OxOOO9 OxOOO9 OxOOO9 OxOOO8 Ox<XQ OXOOOS OXOOO8
A=11 OxOOO8 OXOOO8 OxOOO7 OxOOO7 OXOOO7 OxOOO7 OxOOO7 OxOOO7 OxOOO6 OxOOO6
A=12 OxOOO6 OxOOO6 OxOOO6 OxOOO6 OxOOO6 OxOOO6 OxOOO5 OXOOOS OXOOO5 OXOOO5
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A=13 OXOOO5 OXOOO5 OxOOO5 OXOOO5 OxOOO4 OxOOO4 OxOOO4 OxOOO4 OxOOO4 OxOOO4
A=14 OxOOO4 OxOOO4 OxOOO4 OxOOO4 OxOOO4 OXOOO3 OXOOO3 OxOOO3 OxOOO3 OXOOO3
A=15 OXOOO3 OXOOO3 OxOOO3 OXOOO3 OxOOO3 OXOOO3 OXOOO3 0x0003 OXOOO3 OXOOO2
A=16 OxOOO2 OxOOO2 OxOOO2 OxOOO2 OxOOO2 OxOOO2 OxOOO2 OxOOO2 OxOOO2 OxOOO2
A=17 OXOOO2 OXOOO2 OxOOO2 OXOOO2 OXOOO2 OxOOO2 OxOOO2 OxOOO2 OxOOOI OxOOOI
A=18 OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI
A=19 OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI OxOOOl OxOOOI OxOOOI
A=20 OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI OxOOOI OxOOOl OxOOOI OxOOOI
A=21 OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OXOOOO
A=22 OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OXOOOO
A=23 OXOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OXOOOO
A=24 OXOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO 0x0000 OXOOOO OXOOOO
A=25 OXOOOO OxOOOO OxOOOO OxOOOO OxOOOO OxOOOO Ox()(xx) OxOOOO OxOOOO OxOOOO

Table 4.8 Hearing threshold table for fs = 48, 44.1, 32 kHz (hth(fscodJID

band number hth hth hth
48k 44.1 k 32k

0 OX04dO Ox04fO Ox0580
1 OX04dO Ox04fO Ox0580
2 Ox0440 Ox0460 Ox04bO
3 Ox0400 Ox0410 Ox0450
4 Ox03eO Ox03eO Ox0420
5 OX03CO OX03dO Ox03fO
6 Ox03bO Ox03cO Ox03eO
7 Ox03bO Ox03bO Ox03dO
8 Ox03aO Ox03bO Ox03cO
9 Ox03aO Ox03aO Ox03bO
10 Ox03aO Ox03aO Ox03bO
11 Ox03aO Ox03aO Ox03bO
12 Ox03aO Ox03aO Ox03aO
13 Ox0390 Ox03aO Ox03aO
14 Ox0390 Ox0390 Ox03aO
15 Ox0390 Ox0390 Ox03aO
16 Ox0380 Ox0390 Ox03aO
17 Ox0380 Ox0380 Ox03aO
18 Ox0370 Ox0380 Ox03aO
19 Ox0370 Ox0380 Ox03aO
20 Ox0360 Ox0370 Ox0390
21 Ox0360 Ox0370 Ox0390
22 Ox0350 Ox0360 OX0390
23 Ox0350 Ox0360 Ox0390
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band number hth bth hth
48k 44.1 k 32k

25 0x0340 0l035O OX0380
26 0x0330 ~340 Ox0380
27 0x0320 0Id>B40 Ox0370
28 0x0310 0idlJl20 OX0360
29 Ox03OO 0«(B}O 0x0350
30 0x02f0 <Dldl3OO OX0340
31 0x02f0 CbI02fO. Ox0330
32 0x02t0 CbI02fO Ox0320
33 0x02t0 ~ Ox0310
34 0x030Q ~ Ox0300
35 0x0310 ~ Ox02fO
36 0x0340 ~ Ox02fO
37 0x0390 ~ Ox02fO
38 OxC&D ~ 0x0300
39 0x042D NS'd) OX0310
40 0x04lIGJ ~ Ox0330
41 0x049I). 0)Q0¢501 Ox0350
42 0xCMa0l ~ Ox03cO
43 Ox046O' OX0490' 0x0410
44 0x0440' 0x0460 Ox0470
45 0x0440l O~· Ox04aO
46 0x052II ~ 0x0460
47 ()x(BlO ~ 0x0440
48 ~ 0x0840i 0x0450
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-.-...;.4,;;,..9_, Ox0840 , Ox0840 I Ox04eO I

Table 4.9 Bit allocation pointer table (baptab[])

address baotab
0 0
I 1
2 1
3 1
4 1
5 1
6 2
7 2
8 3
9 3
10 3
11 4
12 4
13 5
14 5
15 6
16 6
17 6
18 6
19 7
20 7
21 7
22 7
23 8
24 8
25 8
26 8
27 9
28 9
29 9
30 9
31 10

address baDtab
32 10
33 10
34 10
35 11
36 11
37 11
38 11
39 12
40 12
41 12
42 12
43 13
44 13
45 13
46 13
47 14
48 14
49 14
50 14
51 14
52 14
53 14
54 14
55 15
56 15
57 15
58 15
59 15
60 15
61 IS
62 15
63 15

Table 4.10 Number of quantizer levels and bits per ...Cissaas • function of bap number

hap Iquan~ le~ls I=~ I
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0 0 0
1 3 1.67 f51
2 5 2.33 r71
3 7 3
4 11 3.5 r71
5 15 4
6 32 5
7 64 6
8 128 7
9 256 8
10 512 9
11 1024 10
12 2048 11
13 4096 12
14 16384 14
15 65 536 16

5. OUANTIZATION AND DECODING OF MANTISSAS

5.1. Overview

Mantissas are encoded using three techniques: symmetric quantization, asymmetric quantizasioD, and grouping. All
mantissas are quantized. Those with a small number of quantizer levels use symmetric quanlization. All others use
asymmetric quantization. Asymmetric quantization is a conventional two's complemelll quanrizatioo. Grouping is
used to conserve bits for some symmetrically quantized mantissas. Two or three mantissas 8Je compositely coded
into one bitstream word.

In the encoder, each transform coefficient is left justified by shifting it left the numberolaimes indicated by its
exponent. Once this is done the shifted transfonn coefficient words are quantized to conc:splIMIlO the number of
quantizer levels defined by the bit allocation pointers, bap[k). Note that k represents die IIaSfcInn coefficient
frequency index; k =0,1,2, ...max, where max S 252 for the 512 point uansfOl'llUdimL

The following table indicates which quantizer to use for each bap. If a hap equals 0, m bilsame sat for the
mantissa. Instead, it will be replaced by shaped noise in the decoder. Grouping is used forhpsoll. 2 and 4 (3. 5,
and 11 level quantizers.)
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hap quantizer levels quantization type mantissa bits
flZI'OUD bitsl

0 0 none 0
1 3 symmetric 1.67 f51
2 5 symmetric 2.33 f7l
3 7 symmetric 3
4 11 symmetric 3.5 f71
5 15 symmetric 4
6 32 asvrnmetric 5
7 64 asymmetric 6
8 128 asymmetric 7
9 256 asvrnmetric 8
10 512 asvrnmetric 9
11 1024 asvrnmetric 10
12 2048 asymmetric 11
13 4096 asymmetric 12
14 16.384 asvrnmetric 14
15 65536 asvrnmetric 16

During the decode process, the mantissa data stream is parsed up into single mantissas of varying length, interspersed
with groups representing combined coding of either triplets or pairs of mantissas. In the bitstream, the mantissas in
each exponent set are arranged in frequency ascending order. However. groups occur at the position of the first
mantissa contained in the group. Nothing is unpacked from the bit stream for the subsequent mantissas in the
group.

5.2. Expansion of Mantissas for Asymmetric Quantization

For bit allocation pointer array values, 6 s: bap s: 15, asymmetric fractional two's complement quantization is used
Each mantissa, along with its exponent, are the floating point representation of a tiansfonn coeffICient The decimal
point is considered to be to the left of the MSB; therefore the mantissa word represents the range of [1.0 - 2­
qntztab[bap[kJ]l to -1.0. The mantissa of length qntztab[baplkn is extracted from the bit stream. Conversion back to a
fixed point representation is achieved by right shifting the mantissa by its exponent This pocess is represented by
the following formula:

transform_coefflcientlkl =mantissa[k] » exponent[k)

No grouping is done for asymmetrically quantized mantissas. See the section on dither for a discussion of handling
mantissas with zero bits.

5.3. Expansion of Mantissas for Symmetrical Quantization

Symmetrically quantized mantissas are converted to standard fractional2's complement binary words by a table
lookup. The number of bits indicated by a mantissa's bap are exttaeted fiom lhe bit stream and right justifled. These
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values are treated as integer codes. Each code is used as an index to look up the floating point mantissa to use. The
resulting values are right shifted by the corresponding exponents to generate the transform coefficient values.

hap =1 (qnlZ3lev)

mantissa code mantissa value
0 -2.f3
1 0
2 2.f3

hap =2 (qntz5Iev)

mantissa code mantissa value
0 -4./5
1 -2./5
2 0
3 2./5
4 4./5

hap =3 (qntz7Iev)

mantissa code mantissa value
0 -6.n
1 -4.n
2 -2.n
3 0
4 2.n
5 4.n
6 6.n

hap = 4 (qntzlllev)

mantissa code mantissa value
0 -10./11
1 -8./11
2 -6./11
3 -4./11
4 -2./11
5 0
6 2./11
7 4./11
8 6./11
9 8./11
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[_---.;1;;...;;0 -.;1:.::;0•./1;.:1_....l

bap[k] = 5 (qntzI51ev)

mantissa code mantissa value
0 -14. 15
1 -12. 15
2 -10 15
3 -8. 15
4 -6. 15
5 -4. 15
6 -2. 15
7 0
8 2. 15
9 4. 15
10 6. 15
11 8. 15
12 10. 15
13 12. 15
14 14. 15

transfonn3oefficient[k] =quantization_table[mantissa3ode[k]] » exponent[k]

5.4. Ungrouping of Mantissas

In the case when bap = 1, 2, or 4, the resulting datil words are further compressed by combining 3 level words and 5
level words into separate groups representing triplets of mantissas. and 11 level words into groups representing pairs
of mantissas. Groups are ftlled in the order that the mantissas are processed. If the number of mantissas in an
exponent set does not ftll an integral number of groups, the groups are shared across exponent sets. The next
exponent set in the block continues filling the partial groups. If the toIa1 number of 3 or 5 level quantized transfonn
coefficient derived words are not each divisible by 3, or if the 11 level words are not divisible by 2, the final groups
of a block are padded with dummy mantissas to complete the composite group. Dummies should be ignored by the
decoder. Groups are extracted from the bitstream using the length derived from hap. Three level quantized mantissas
(hap =1) are grouped into triples each of 5 bits. Five level quantized mantissas (hap =2) are grouped into triples
each of 7 bits. Eleven level quantized mantissas (hap = 4) are grouped into pairs each of 7 bits.

Encoder equations

bap =1:

group_code =9 * mantissa_code(a] + 3 * mantissa_code(b] + mantissa_codelc]

bap= 2:
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group_code = 25 * mantissa_code[a) + 5 * mantissa_code[b] + mantissa_code[c)

bap=4:

group_code = 11 * mantissa_code[a] + mantissa_code[b)

Decoder equations

bap = 1:

mantissa_code[a] = truncate (group_code / 9)
mantissa_code[b) = truncate «(group3ode % 9) / 3 )
mantissa_code[c] = (group_code % 9) % 3

bap=2:

mantissa_code[a) = truncate (group_code / 25)
mantissa_code[b) = truncate «(group_code % 25) /5 )
mantissa_code[c] = (grouP3ode %25) %5

bap=4:

mantissa_code[a) = truncate (group_code / 11)
mantissa_code[b) = group_code % 11
where mantissa a comes before mantissa b, which comes before mantissa c

5.5. Dither for Zero Bit Mantissas

The AC-3 decoder uses random noise (dither) values instead of quantized values wbel11be Dumber of bits allocated to
a mantissa is zero (hap = 0). The use of the random value is conditional on the value ofdithflag. When the value of
dithflag is 1, the random noise value is used. When the value of dithflag is 0, a true :zero Y8lue is used. There is a
dithflag variable for each channel. Dither is applied after the individual chamels 2ft extnICtICd from the coupling
channel. In this way, the dither applied to each channel's upper frequencies is uncom:llli:d.

Any reasonably random sequence may be used to generate the dither values. The~ Ic8gIb of the dither values is
not critical. Eight bits is sufficient. The optimum scaling for the dither words is 10..a uniform distribution of
values between -1 and +1, and scale this by 0.707, resulting in a uniform distribulimt 1IetweeD +0.707 and· 0.707.
A scalar of 0.75 is close enough to also be considered optimum. A scalar of O.s < dislI'ibution between +0.5
and -0.5) is acceptable, but will not yield optimum results.

Once a dither value is assigned to a mantissa, the mantissa is right shifted accordinc11).exponent to generate the
corresponding transform coefficient .

transform_coefficient[k] = scaled_dithecvalue» exponent(k]
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6. CHANNEL COUPLING

6.1. Overview

Ifenabled, channel coupling is performed on encode by averaging the transfonn coefficients across channels that are
included in the coupling channel. Each coupled channel has a unique coupling coordinate array which is used to
preserve the high frequency envelope of the five original channels. The coupling process is performed above a
coupling frequency that is defmed by the cplbegf word.

The decoder converts the coupling channel to the 5 original channels by multiplying the coupled channel transform
coefficient values by 8 times the appropriate coupling coordinate for a particular channel and frequency sub-band. An
additional processing step occurs for the 2/0 mode. If the phsflginu bit =1 or the equivalent state is continued from
a previous block, then phase restoration bits are sent in the bit stream via phase flag bits. The phase flag bits
represent the coupling sub-bands in a frequency ascending order. If a phase flag bit =1 for a particular sub-band. all
the right channel transform coefficients within that coupled sub-band are negated after modification by the coupling
coordinate, but before inverse transformation.

6.2. Subband Structure For Coupling

512 sample block: Transform coefficients # 37 through 252 are grouped into 18 subbands of 12 coefficients each.

high te # cutoff (kHz) hfcutoff (kHz) cutoff (kHz) hfcutoff (kHz)
fs:=48 kHz fs:=48 kHz fs=44.1 kHz f8=44.1 kHz

7 48 .42 4.55 .14 4.18
9 60 .55 5.67 .18 5.21
1 72 .67 6.80 .21 6.24
3 84 .80 7.92 .24 7.28
5 96 .92 9.05 .28 8.31
7 108 .05 10.17 .3.1 9.35

109 120 10.17 11.30 .35 10.38
121 132 11.30 12.42 10.38 11.41
133 144 12.42 13.55 1.41 12.45
145 156 13.55 14.67 12.45 13.48

10 157 168 14.67 15.80 13.48 14.51
11 169 180 15.80 16.92 14.51 15.55
12 181 192 16.92 18.05 15.55 16.58
13 193 204 18.05 19.17 16.58 17.61
14 05 216 19.17 20.30 7.61 18.65
15 17 228 0.30 21.42 18.65 19.68
16 9 240 1.42 22.55 9.68 20.71
17 41 252 2.55 23.67 .71 21.75

256 sample block: Transform coefficients # 19 through 126 are grouped inlo 18 subbands of6 coefftcients each.
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couplin8-coordinate_mantissa[n, i] = (16 + cplco[n, in /32

couplinLcoordinate_mantissa[n, i] =cplco[n, i] /16

Dolby AC-3 Algorithm Description REV 1.12

high te # cutoff (kHz) hicutoff (kHz) cutoff (kHz) hfcutoff (kHz)
fS=48 kHz fS=48kHz fs=44.1 kHz fs=44.1 kHz

24 .47 4.59 .19 4.22
30 .59 5.72 .22 5.25

1 36 .72 6.84 .25 6.29
7 42 .84 7.97 .29 7.32
3 48 .97 9.09 .32 8.35
9 54 .09 10.22 .35 9.39
5 60 10.22 11.34 .39 10.42
1 66 11.34 12.47 10.42 11.46
7 72 12.47 13.59 11.46 12.49
3 78 13.59 14.72 12.49 13.52
9 84 14.72 15.84 13.52 14.56
5 90 15.84 16.97 14.56 15.59
1 96 16.97 18.09 15.59 16.62
7 102 18.09 19.22 16.62 17.66

103 108 19.22 20.34 17.66 18.69
109 114 0.34 21.47 18.69 19.72
U5 120 1.47 22.59 19.72 20.76
121 126 2.59 23.72 0.76 21.79

Note: At 32 kHz sampling rate the subband frequency ranges are 2{3 the values of those for 48 kHz.

6.3. Coupling Coordinate Format

A coupling coordinate is sent in the data stream as a floating point number, specified with a 4-bit exponent and a 4­
bit mantissa. For each coupled channel, a 2-bit master coupling coordinate is used to gain mnge all of the coupling
coordinates within that channel.

Computation of the coupling coordinate from the bitstream elements is as fono~ (assmning channel n, subband i):

if (cplcoexp[n, i] = 15)
{

}
else
{

}

couplinLcoordinate_exponent[n, i] =cplcoexp[n, i] + 3*mstrcplco[n]

couplin8-coordinate[n, i] =couplinLcoordinate_mantissa[n, i] » couplinLCOOi'd' 'c_expcnent[n, i]

Individual channel mantissas are then reconstructed from the coupled channel as follows (assmming 512 sample
block):
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chmant[n, i*12 + j + 37] = cplmant[i*12 + j + 37] * couplinLcoordinate[n, i] * 8

for G=0 to 11)
{

}

With 4-bit exponents, 4-bit mantissas, and 2-bit master coupling coordinates, the total scale factor dynamic range
representable is 114 dB, (-110 dB to +4 dB), with step sizes varying between 0.28 and 0.56 dB.

7. REMATRIXING

7.1. Overview

Remattixing in AC-3 is a channel combining technique in which sums and differences of highly correlated channels
are coded rather than the original channels themselves. That is, rather than code and pack left and right in a two
channel coder, we construct

left' = 0.5*Oeft + right)

right' =0.5*(left - right)

We then perform the usual quantization and data packing operations on left' and right'. Oearly, if the original stereo
signal were identical in both channels (i.e. tw<rchannel mono), this technique will result in a left' signal that is
identical to the original left and right channels, and a right' signal that is identically zero. As a result, we can code
the right' channel with very few bits, and increase accwacy in the more important left' channel.

This technique is especially important for preserving Dolby Surround compatibility. To see this, consider a two
channel mono source signal such as that described above. A Dolby Pro-Logic decoder will try to steer all in-phase
information to the center channel, and all out-of-phase information to the surround channel. If rematrixing is not
active, the Pro-Logic decoder will receive the following signals:

Received left = left + QN1

Received right = right + QN2

where QN1 and QN2 are independent (Le. uncorrelated) quantization noise sequences, which correspond to the AC-3
coding algorithm quantization and are program dependent The Pro-Logic decoder will then construct center and
surround channels as:

center =0.5*(left + QN1) + O.5*(right + QN2)

surround =0.5*(left + QN1) - 0.5*(right + QN2) (ignoring the 90 degree phase shift)

In the case of the center channel, QN1 and QN2 add, but remain masked by &be dominant signal left + right In the
surround channel, however, left - right cancels to zero, and the smround speakers are left to reproduce the difference in
the quantization noise sequences (QN1 - QN2).

Ifchannel remattixing is active, the center and surround channels will be more easily reproduced 35:.
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center = left' + QNI

surround = right' + QN2

In this case, the quantization noise in the surround channel QN2 is much lower in level, as it is masked by the
difference signal right'.

7.2. Frequency Band Definitions

In AC-3, rematrixing is performed independently in separate frequency bands. There are four bands with boundary
locations equal to:

If coupling not used (cplinu = 0)

nrematbd=4

512 sample block

fs=48kHz fs=441tHz fs=44 1kHzfs =48 kHz .
band # lowcoeff# hilth coeff# low frea (kHz) hilth frea (kHz) JowL. ...._...._~ hilth freo (kHz)

0 13 24 1.17 2.30 1.08 2.11
1 25 36 2.30 3.42 2.11 3.14
2 37 60 3.42 5.67 3.14 5.21
3 61 252 5.67 23.67 5.21 21.75

256 sample block

fs=48kHz fs=441kHz fs=44 1kHzfs =48 kHz .
band # low coeff# hi,lth coeff# low freQ (kHz) hisz:h frea (kHz) IowtimMh) hi.lth frea (kHz)

0 7 12 1.22 2.34 1.12 2.15
1 13 18 2.34 3.47 2.15 3.19
2 19 30 3.47 5.72 3.19 5.25
3 31 126 5.72 23.72 S.2$ 21.79

if coupling is used (cplinu == I) and cplbegf > 2

nrematbd=4

512 sample block

fs =48 kHz fs = 48 kHz Is =414i.L llBk Is = 44 1 kHz
band # low coeff# hi.lth coeff# low freQ (kHz) hisz:h freQ (kHz) low .1 IriPh fn..n (kHz)

0 13 24 1.17 2.30 loBS 2.11
1 25 36 2.30 3.42 2~lt 3.14
2 37 60 3.42 5.67 :J.~ 5.21
3 61 A 5.67 B 5.12ll C
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